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[577 ABSTRACT

- The present inventlon relates to an offset cancellation

circuit of digital filtering system which is capable of
responding to a variation of an offset value with varia-
tion of circuit constant of an A/D converter due to
temperature variation, etc. The present offset cancella-
tion circuit i1s constituted with a low-pass filter for de-
riving an offset cancellation component from an offset
component contained in respective codewords y of
output codeword sequence y(kT) (where k is an integer
and T is a sampling period of the A/D converter) of a
parallel B bits of the offset cancellation circuit at a pre-
determined ratio every sampling period and accumulat-
ing the derived offset cancellation components and an
adder for reducing the accumulated offset cancellation
components from the input codeword sequence x(kT)
of the parallel B bits every sampling period and output-
ting 1t as the codeword sequence y(kT). As a result, the
whole offset cancellation circuit constitutes a recursive,
IIR type digital filter.

4 Claims, 6 Drawing Sheets
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1

DC OFFSET CORRECTION CIRCUIT FOR A/D
CONVERTER

BACKGROUND OF THE INVENTION
1. Field of the Invention

The present invention relates to a D.C. offset cancel-

lation circuit and, particularly, to an offset cancellation
circuit for removing a D.C. component contained i In an
output of an analog-to-digital converter.

2. Description of the Prior Art

3

10

An analog-to-digital (A/D) converter widely used in

- adigital signal processing device or a digital communi-

' cation system has a problem that an analog modulator
which is a key component of the converter produces
D.C. drift inherently. Due to this D.C. drift, an output

15

- of the analog modulator may contain a D.C. offset (re-

ferred to as “offset” hereinafter) component. Such off-
set component may cause an overflow problem in arith-
metic operation of integration and/or addition in, for
‘example, a digital audio signal processing device to
occur, which may be audible as click or noise. There-
fore, such offset component is to be removed.

It is known that a low frequency component of such
offset component can be removed by insertinig a digital
filter in a stage subsequent to the A/D converter and it
~is further known that a digital filter of such as non-

recursive, finite impulse response (FIR) type has a sharp

frequency cut-off characteristics. Nevertheless, such
scheme has not been used practically since the number
of filtering stages required in such signal processing
device and hence the number of registers thereof re-
qulred for holding data have to be increased, makmg
size of such device very large.

20

25

30

2

“AKS5326/27 16 Bits Oversampling Stero A/D Con-

verter”, April 1989, ASAHI KASEI.

In the above-mentioned offset cancelling method,
since an offset component detected during a period of
offset value detection mode and stored in a random
access memory is maintained at a fixed value even when
the offset value varies with variation of circuit constants
of the constitutional components of the analog-to-digi-
tal converter due to temperature variation, there may be
a difference or error produced between it and an actual
offset value, which error may be a source of noise by
which a dynamic range of the analog-to-digital con-
verter may be narrowed. In order to solve this problem,
it may be considered to increase frequency in use of
offset value detection mode. In such case, however, the
period of ordinary mode of the analog-to-digital con-
verter may be shortened correspondingly, causing total
performance thereof to be degraded.

BRIEF SUMMARY OF THE INVENTION
Object of the Invention

An object of the present invention is, therefore, to
provide an offset cancellation circuit of a digital filter-

- ing type using a recursive, infinite impulse responsive
~(IIR) type digital filter which is capable of easily ab-

sorbing variation of an offset value of an analog-to-digi-
tal converter with variation of circuit constants of con-
stitutional components thereof due to temperature vari-

ation.

Summary of the Invention

An offset cancellation circuit of a digital filtering

- system according to the present invention comprises a

35

Instead thereof, a calibration system has been used __

- widely for removing offset component. This system is

constituted, as disclosed 1n U.S. Pat. No. 4,943,807, such
that an output dlgltal value of an A/D converter, when

a ground potentlal is 1input thereto prlor to a start of 4

A/D conversing operation, is stored in a memory and
an output of the same A/D converter for an input ana-
log signal supplied after start of the A/D conversing
operation is corrected with the digital value read from
the memory. |

That is, the offset cancellation circuit of the calibra-
tion system includes, as basic components, an analog-to-

45

low-pass filter for deriving offset cancelling compo-
nents from offset components contained in respective
codewords y, each codeword being of parallel B bits, of
an output codeword sequence y(kT) (where k 1s an
integer and T is a sampling period of an analog-to-digi-
tal converter) of the offset cancellation circuit at a pre-
determined ratio in every sampling period and accumu-
Jating the derived offset cancelling components and an

adder for subtracting the accumulated offset cancelling

components from the input codeword sequence x(kT)

of codewords each of parallel B bits in every sampling

- period and outputting a result as the codeword se-

digital converter, switch means having a movable

contact terminal connected to an input terminal of the
analog-to-digital converter and two fixed contact termi-
nals, one being connected to an input analog signal
source and the other being connected to ground poten-
tial, and responsive to a control signal for supplying
ground potential to the input terminal of the analog-to-
digital converter in an offset value detection mode and
the input analog signal thereto in an ordinary mode, a

random access memory (RAM) connected to an output
terminal of the analog-to-digital converter and respon-
sive to the control signal for storing the offset value and
subtracter means for subtracting the offset value read
from the random access memory from an output digital
signal of the analog-to-digital converter in the ordinary
mode. Since the digitized offset value indicates an offset
component inherent to the analog-to-digital converter,

50

35

the output digital signal at the output of the subtracter 65

does not contain the offset component. An analog-to-
digital converter including an offset cancellation circuit
of this calibration system i1s disclosed in the user manual,

quence y(kT). As a result, the whole offset cancellation
circuit functions as a recursive, IIR type digital filter to
converge the amount of offset components contained in
the codeword sequence y(kT) to zero by repeating the
recursion. The low-pass filter is constituted with a code
converter for inverting sign of the respective code-
words y of the output codeword sequence y(kT), add-
ing logical “1” to a least significant bit (LSB) of each
sign-inverted codeword, attaching a predetermined
width A of bits each having a binary value of a most
significant bit (MSB) of the sign-inverted codeword to
a top of the codeword, and outputting a codeword
sequence m(kT) of parallel (A + B) bits, a second adder
for summing the codeword sequence m(kT) and a code-
word sequence r(kT) having the same bit width as that
of the codeword sequence m(kT) and outputting a
codeword sequence q(kT), a delay circuit for delaying
the codeword sequence q(kT) by a sampling period T
and outputting the codeword sequence r(kT) and a
branch circuit for outputting upper B bits of the code-
word sequence r(kT) of the parallel (A + B) bits as the
offset cancelling component.
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~Assuming that the sampling frcthncy is fs, a lower

‘cut-off frequency fc is given by the following formula:

fe=2—4 Xﬁﬂﬂ

For cxamplc, when fs=48 (KHz) and A= 10 (bits), fc:-'.
becomes about 7.5 (Hz). Since audio frequency band is

about 20 (Hz) to 20 (KHz), the lower cut-off frequency
~of 7.5 (Hz) is enough to allow the audio frequency band
to pass through while cancelling only offset component.

BRIEF DESCRIPTION OF THE DRAWINGS

10
. quence r(kT) is supplied through the branching circuit

The above-mcnncncd and other cbjccts, features and .

‘advantages of this invention will become more apparent
by reference to the following detailed description of the:
invention taken in conjunction with the acccmpanymg'

drawmgs, wherein:

15

FIG. 1is a block circuit dlagram showing an cxamplc_ -
of a digitized audio signal prcccssmg system including

an offset cancellatmn cu'cult acccrdmg to the present
mvention; |

 FIG. 2is a block circuit dlagram of an embodiment cf
an offset cancellation circuit 12 of the present invention;

F1G. 3 1s a block circuit dlagram of an example of a

data conversion circuit 24 in FIG. 2;
cuit 28 in FIG. 2;

embodiment; and
FIG. 6 1s a time-chart for the cmbodlmcnt

DETAILED DESCRIPTION OF THE
- PREFERRED EMBODIMENTS

Referring to FIG. 1, an input analog signal is sampled

at a sampling period T in an analog to-digital (A/D) "

converted into a parallel 16-bit binary codeword from

converter 11 and each of respective sample values is

30

2_0

| 4

second adder 25 and added to a parallel 26-bit binary
codeword sequence r(T), r(2T), r(3T), ..., r(aT),...
(denoted by r(kT), hereinafter and will be described

~ later) supplied to a second sequence of input terminals
~ of the same adder 25, respectively. A resultant parallcl
~ 26-bit binary codeword sequence from the adder 25 is
~ delayed by an amount equal to the sampling period T by

means of a delay circuit 26 driven by clock pulse from
a clock pulse source (not shown), resulting in the afore-
said codeword sequence r(kT). This codeword se-

28 to the scccnd adder 25 as mentioned above and a

- branching output of the branching circuit 28 is supplied

to the second sequence of input. terminals of the first

adder 20 as the codeword sequence c(kT).

~Referring to FIG. 3 showing a construction of the

code converter 24, the code converter 24 comprises a

lcglcal inversion circuit 32 for logically inverting re-
spectwc bits of each codeword of the codeword se-
_quence y(kT) from the first adder 20 to produce a paral-
~ lel 16-bit, loglcally inverted output codeword sequence

| (denctcd by y(kT)), a code pattern generator circuit 33

FIG. 4 is a block circuit diagram cf a branchmg c1r-—'_'_2_5

- for generating, correspondingly to each codeword of
‘the codeword sequence y(kT), a parallel 16-bit code
pattern mcludmg a least 51gn1ﬁcant bit of “1” and other

R uon | E
FIG. § is a flowchart showing an operation cf the bits of “0” and an adder circuit 31 for summing in paral-

~ lel each codeword of the codeword sequence y(kT)

- from the circuit 32 and the code pattern from the circuit
33 and adding, to the upper side of the most significant

bit of each codcword of a resultant, summed 16-bit

- codeword sequence, parallel 10 bits having the same
~ code value as that of the most significant bit of the

least significant bit (LSB) to most significant bit (MSB)
corresponding to quantized levels 20 to 215, respec-

tively. That is, the input analog signal is converted into
a sequence of parallel 16-bit binary codewords x(T),
x(2T), x(3T), ..., x(nT),.
ter). This codeword sequence x(kT) 1s processed by an

- offset cancellation circuit 12 and a resultant sequence cf

* parallel 16-b1t binary codewords y(T), y(2T) y(3T), .
.» ¥(nT), ... (denoted by y(kT) hereinafter) is supphed

.. (denoted by x(kT) hereinaf-

to a digital s:gnal processor 13 such as a digitized audio

signal amplifier. The processing of the codeword se-

quence x(kT) in the offset cancellation circuit 12 will be

described later. An output of the signal processor 13 is

digital-to-analog converted by a digital-to-analog

50

(D/A) converter 14 and supplied to a loud speaker (not

shown) as an audio signal.

- Referring to FIG. 2 shcwmg a construction of thc_ ~ (step 51), the latter codeword sequence y(kT) is con-

offset cancellation circuit 12 in block circuit form, the
“codeword sequence x(kT) is supplied to a first sequence

" of input terminals of a first adder 20 and added to an

~offset codeword sequence c(T), c(2T), c(3T),..., c(nT)
... (denoted by c(kT) hereinafter and will be described
latcr) supplied to a second sequence of mput terminals

of the same adder 20, rcSpcctwcly, resulting in the code-

35

word sequence y(kT), that is, the output of the cffsct -

~cancellation circuit 12.

On the other hand, to the most significant bit of cach "
codeword of the codeword sequence y(kT), parallel 10

bits to be described later are added and a resultant paral-
lel 26-bit binary codeword sequence m(T), m(2T),
m(3T),..., m(nT)..

65

- codeword to produce the aforesaid parallel 26-b1t bi-
‘nary codeword sequence m(kT). |

 Referring to FIG. 4 which shows thc branchmg Cir-
cuit 28, the latter receives, through the delay circuit 26,
the summed ccdewcrd sequences m(kT) and r(kT) from

‘the second adder 25 in the form of a parallel 26-bit,
binary codeword sequence. The branching circuit 28
‘comprises a wired logic circuit 28A which serves to
| supply 26 bits of each codeword of the last mentioned

26-bit codeword sequence to the second adder 25 di-
rcctly as the codeword sequence r(kT) and supply the
3 most significant 16 bits of the same 26-bit codeword
including the most significant bit of the 16-bit codeword

~to the first adder 20 as the codeword sequence c(kT).

Referring to FIG. 5 which shows a flowchart of an

| cpcratlcn of the abovc-mcntmned embodiment, by an

addition of the mput codeword sequcncc x(kT) and the

offset codeword sequence c(kT) in the first adder 20,

the adder output codeword sequence y(kT) is obtained

verted into the parallel 26-bit binary codeword se-
quence m(kT) by the code converter 24 (step 52). This
codeword conversion is performed by an operation of

’loglcally inverting the codeword sequence y(kT) and

adding 1 to a least s:gruﬁcant bit of the resultant in-
verted codeword sequence (step 520), adding 10 bits to
the upper side of a most significant bit thereof (step 521)
and setting a code value of the most significant bit to

each of the added 10 bits (step 522). A resultant sum of
the codeword sequence m(kT) and the output code-

word sequence r(kT) from the T delay circuit 26 ob-

~ tained from the second adder 25 is output as the dclaycd

. (denoted by m(kT) hereinafter)

‘are supplied to a first sequence of input terminals of a

codeword sequence r(kT) (step 53). Upper 16 bits in-

cluding the most significant bit of the codeword se-
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S
quence r(kT) are fedback to the first adder 20 as the
offset codeword sequence c(kT) (step §4). |
FIG. 6 shows a timing relation among the abovemen-

. ~ tioned codeword sequences x(kT), y(kT), m(kT), r(kT)

and c¢(kT). As shown, up to a time instance t1 defined by
a Sampling period T of clock pulse (sampling pulse in
~ the A/D converter 11), these codeword sequences take
values x(0T), y(0T), m(0T), r(0) and c(0T), respectively,
and 1n a period between t1 and t2, they take values
x(1T), y(IT), ie, x(1T)4+c(1T), m(1T), r(1T), ie,
m(0T)+r(0T), and c(1T), i.e., upper 16 bits of the code-
word r(1T), respectively. In a time period between t2
and t3, they take values x(2T), y(2T), i.e., x2T)+c(2T),

Y(2)/X(2) |
1—-—2"H/M1 - - 2-10 z-1

The equation (3) indicates that the offset cancellation
circuit 12 functions as a high-pass filter whose cut-off

- frequency fc is given as follow where fs is sampling

10

m(2T), r(2T), i.e,, m(1T)+4r(1T), and c(2T), i.e., upper

16 bits of the codeword r(2T), respectively, and so on.
For example, assuming an offset component of 8 bits
(value in quantization level is 255) produced at t=0, i.e.,
0T, as an input codeword x(0), y(0)=255 and

15

m(0)= —255X2-10 since r(0)=0 (assuming that it is

initially set to 0) and hence c¢(0)=0. At t=T, since

20

r(T)=—255%2-10 and hence c(T)=0, y(T)=255 and

m(T)=—255x2~10, At  t=2T, since
r(2T)=—(255%2—104-255x2-10) and hence c(2T)=0
as yet, y(2T)=255 and m(2T)=—255x2-10, By re-
peating these procedures, it becomes, at t=35T, that
r(5T)=—5X%(255%2~10) and c(5T)= —1. Therefore,
the absolute value of ¢ becomes larger than 0 and an
actual subtraction with respect to x is started, resulting
in y(5T)=255—1 and m(5T)=-(255—1)x2—10. By
repeating subtraction, the value of y converges on zero
at t=>5753T, that 1s, at 5753-th sampling.

According to the theory of recursive type digital
filter (cf. V. Cappellini, A. G. Constantinides and P.
Emilliani: Digital Filters and Their Applications, Aca-
demic Press 1978), the relation between functions Y(z)
and M(z) obtained by z transformation of a parallel
16-bit codeword sequence y(kT) and a parallel 26-bit
codeword sequence m(kT), respectively, 1s represented

as follow:
M(2)= Y(z)*(—2—10) (1)

Similarly, a relation between a function R(z) resulting

from z transformation of the codeword sequence r(kT)

and the M(z) represented by the equation (1) is repre-
sented by the following equation:

R@)=(Z~1/(1-Z~H)*M(@) 2)
The equation (2) indicates that the portion of the offset
cancellation circuit 12 including the code converter
circuit 24, the second adder 25 and the delay circuit 26
functions as a low-pass filter. Since, therefore, the code-
word sequence ¢(kT) composed of upper 16 bits of the
sequence r(kT) output from the delay circuit 26 is fed-
back to the first adder 20 as the offset codeword se-

25

30

35

45

50

55

quence and added with the input codeword sequence

x(kT), the offset component can be cancelled. Further,
due to the characteristics of the recursive digital filter,
this offset component converges to 0. Time (integer
‘multiples of sampling period T) required for obtaining
this convergence depends on the number of bits to be
added in the code converter circuit 24. Transfer func-
tion H(z) of the offset cancellation circuit 12 according
to the present invention is represented by a ratio be-
tween the functions Y(z) and X(z) resulting from z
transformation of the codeword sequences y(kT) and
x(kT), as follows:

60

65

frequency:

fo=2-10%fs/2m )
Since, in this embodiment, fs is selected as 48 kHz, the
cut-off frequency fc is about 7.5 Hz which is lower
enough than the lower limit 20 Hz of the audible fre-
quency range.

As another example of the data converter 24, a
scheme, in which respective codewords of a parallel

- 16-bit codeword sequence y(kT) are multiplied with a

preliminarily prepared code pattern having a 16-bit
negative coefficient and a result is output as a parallel
26-bit binary codeword sequence m(kT) will be de-
scribed. Assuming the negative coefficient value as

- —K, the equation (3) can be rewritten as follow:

&)

H(z) Y(2)/ X(2)

a-z-hymn-a-xz-

F =
—

—
ipllapgy

Cut-off frequency fc in the equation (5) is given as fol-
low where sampling frequency 1s fs:

fc=K X{s/2m (6)

By settihg the coefficient value K to a sufficiently small
value, the lower cut-off frequency fc can be made low

“enough compared with the audible frequency range.

Although the present invention has been described

‘with reference to a specific embodiment, this descrip-

tion is not meant to be construed in a limiting sense.

Various modifications of the disclosed embodiment, as

well as other embodiments of the present invention, will

become apparent to persons skilled in the art upon refer-

ence to the description of the present invention. It is
therefore contemplated that the appended claims will
cover any modifications or embodiments as fall within
the scope of the present invention.

What 1s claimed 1is:

1. A DC offset cancellation circuit for an analog-to-
digital converter, comprising:

a first adder for adding an input codeword sequence
x(kT) input at a sampling period T equal to a sam-
pling pulse period for an analog-to-digital conver-
sion of an input analog audio frequency signal and
including codewords each of B bits to an offset
cancellation codeword sequence c(kT) supplied at
said sampling period and including codewords
each of B bits and outputting an output codeword
sequence y(kT) having offset cancelled at said sam-
pling period, where k and B are integers, respec-
tively;

a code converter for logically inverting respective
bits of each codeword y of said output codeword
sequence y(kT), adding a bit *“1” to the least signifi-
cant bit of the inverted codeword y to produce a
codeword y1, adding A bits to a most significant bit
of the codeword yl, setting values of said A bits to
a binary value of said most significant bit of said
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codeword yl and outputting it as a codeword se-
quence m(kT) mcludmg codcwords each of

8
plmg period, where k and B are mtegcrs, respec-
tively;

(A +B) bits, where A in an integer; ~ acode converter for multiplying respective bits of

a second adder for addmg said codeword sequence |
m(kT) to a codeword sequence r(kT) including 5
codewords each of (A4 B) bits and outputting a
codeword sequence q(kT) including codewords -

- each of (A+B) bits; |

a delay circuit for delaying said codeword sequence
- q(kT) by a time equal to said sampling period T and 10
outputting said codeword sequence r(kT) with
delay; and

a branching circuit for outputtlng said upper B bits of
each codeword of said codeword sequence r(kT)
“as said offset removed codeword sequence c(kT).

2. A DC offsét cancellation circuit for an analog-'to- |

digital converter, comprising: -
~ a first adder for adding an input codeword sequence

~ each codeword of said output cpdeword sequence
~ y(kT) with a predetermined negative coefficient
~value of B bits and outputting a codeword se-

quence m(kT) including codewords each of
(A 4 B) bits corresponding to upper (A+B) bits of
a result of said multiplication; =~

a second adder for adding said. codcword sequence

-m(kT) to a codeword sequence 1(kT) including
codewords each of (A+B) bits and outputting a
codeword sequence q(kT) mcludlng codewords
each of (A+B) bits; |

'- 'a delay circuit for delaying said codcword sequence

q(kT) by a time equal to said sampling period T and

. outputting said codeword sequence r(kT); and

x(kT) input at a sampling period T equal to a sam- ~ abranching circuit for outputting said upper B bits of

plmg pulse period for an analog-to-digital conver- 20
sion of an input analog audio frequency signal and
including codewords each of B bits to an offset -~ 3.

each codcword of said codeword sequence r(kT)

~ as said offset removing codeword scqucncc c(kT).

The DC offset cancellation cn'cult clalmed in claun

~ removing codeword sequence c(kT) supplied at 1, wherein B is 16 and A is 10.

said sampling period and including codewords ~ 4.

The DC offsct cancellatlon c1rcu1t clauued in claun

each of B bits and outputting an output codeword 25 2, wherein B is 16 and A is 10.

sequence y(KT) having offset cancelled at said sam-
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